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SYSTEM , METHOD , AND APPARATUS FOR outside world but will not receive accurate positional data 
GENERATING AND DIGITALLY because the HRTF is not being reconstructed . Similarly , in 

PROCESSING A HEAD RELATED AUDIO the case of hearing assistance for the hearing impaired , a 
TRANSFER FUNCTION microphone is similarly mounted external to the hearing aid , 

5 and any hearing aid device that fully blocks a user's ear 
CLAIM OF PRIORITY canal will not accurately reproduce that user's HRTF . 

Thus , there is a need for an apparatus and system for 
The present non - provisional patent application claims reconstructing a user's HRTF in accordance to the user's 

priority pursuant to 35 U.S.C. Section 119 ( e ) , and prior filed , physical characteristics , in order to accurately relay posi 
provisional application , namely that having Ser . No. 62/713 , 10 tional sound information to the user in real time . 
793 filed on Aug. 2 , 2018 , the disclosure of which is 
incorporated herein by reference , in its entirety . In addition , SUMMARY OF THE INVENTION 
the present non - provisional patent application also claims 
priority pursuant to 35 U.S.C. Section 119 ( e ) , and prior filed , The present invention meets the existing needs described 
provisional application , namely that having Ser . No. 62/721 , 15 above by providing for an apparatus , system , and method for 
914 filed on Aug. 23 , 2018 , the disclosure of which is generating a head related audio transfer function . The pres 
incorporated herein by reference , in its entirety . ent invention also provides for the ability to enhance audio 

in real - time and tailors the enhancement to the physical 
FIELD OF THE INVENTION characteristics of a user and the acoustic characteristics of 

20 the external environment . 
The present invention relates to a systems , methods , and Accordingly , in initially broad terms , an apparatus 

apparatuses for panning audio in virtual environments at directed to the present invention , also known as an HRTF 
least partially in response to movement of a user . generator , comprises an external manifold and internal 

manifold . The external manifold is exposed at least partially 
BACKGROUND OF THE INVENTION 25 to an external environment , while the internal manifold is 

disposed substantially within an interior of the apparatus 
Human beings have just two ears , but can locate sounds and / or a larger device or system housing said apparatus . 

in three dimensions , in distance and in direction . This is The external manifold comprises an antihelix structure , a 
possible because the brain , the inner ears , and the external tragus structure , and an opening . The opening is in direct air 
ears ( pinna ) work together to make inferences about the 30 flow communication with the outside environment , and is 
location of a sound . The location of a sound is estimated by structured to receive acoustic waves . The tragus structure is 
taking cues derived from one ear ( monoaural cues ) , as well disposed to partially enclose the opening , such that the 
as by comparing the difference between the cues received in tragus structure will partially impede and / or affect the char 
both ears ( binaural cues ) . acteristics of the incoming acoustic waves going into the 

Binaural cues relate to the differences of arrival and 35 opening . The antihelix structure is disposed to further par 
intensity of the sound between the two ears , which assist tially enclose the tragus structure as well as the opening , 
with the relative localization of a sound source . Monoaural such that the antihelix structure will partially impede and / or 
cues relate to the interaction between the sound source and affect the characteristics of the incoming acoustic waves 
the human anatomy , in which the original sound is modified flowing onto the tragus structure and into the opening . The 
by the external ear before it enters the ear canal for pro- 40 antihelix and tragus structures may comprise semi - domes or 
cessing by the auditory system . The modifications encode any variation of partial - domes comprising a closed side and 
the source location relative to the ear location and are known an open side . In a preferred embodiment , the open side of the 
as head - related transfer functions ( HRTF ) . antihelix structure and the open side of the tragus structure 

In other words , HRTFs describe the filtering of a sound are disposed in confronting relation to one another . 
source before it is perceived at the left and right ear drums , 45 The opening of the external manifold is connected to and 
in order to characterize how a particular ear receives sound in air flow communication with an opening canal inside the 
from a particular point in space . These modifications may external manifold . The opening canal may be disposed in a 
include the shape of the listener's ear , the shape of the substantially perpendicular orientation relative to the desired 
listener's head and body , the acoustical characteristics of the orientation of the user . The opening canal is in further air 
space in which the sound is played , and so forth . All these 50 flow communication with an auditory canal , which is 
characteristics together influence how a listener can accu- formed within the internal manifold but also be formed 
rately tell what direction a sound is coming from . Thus , a partially in the external manifold . 
pair of HRTFs accounting for all these characteristics , The internal manifold comprises the auditory canal and a 
generated by the two ears , can be used to synthesize a microphone housing . The microphone housing is attached or 
binaural sound and accurately recognize it as originating 55 connected to an end of the auditory canal on the opposite end 
from a particular point in space . to its connection with the opening canal . The auditory canal , 
HRTFs have wide ranging applications , from virtual sur- or at least the portion of the auditory canal , may be disposed 

round sound in media and gaming , to hearing protection in in a substantially parallel orientation relative to the desired 
loud noise environments , and hearing assistance for the listening direction of the user . The microphone housing may 
hearing impaired . Particularly , in fields hearing protection 60 further comprise a microphone mounted against the end of 
and hearing assistance , the ability to record and reconstruct the auditory canal . The microphone housing may further 
a particular user's HRTF presents several challenges as it comprise an air cavity behind the microphone on an end 
must occur in real time . In the case of an application for opposite its connection to the auditory canal , which may be 
hearing protection in high noise environments , heavy hear sealed with a cap . 
ing protection hardware must be worn over the ears in the 65 In at least one embodiment , the apparatus or HRTF 
form of bulky headphones , thus , if microphones are placed generator may form a part of a larger system . Accordingly , 
on the outside of the headphones , the user will hear the the system may comprise a left HRTF generator , a right 
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HRTF generator , a left preamplifier , a right preamplifier , an The modulated signal from the first compressor is then 
audio processor , a left playback module , and a right play- filtered through a second filter module to create a second 
back module . filtered signal . The second filter module is configured to 
As such , the left HRTF generator may be structured to selectively boost and / or attenuate the gain of select fre 

pick up and filter sounds to the left of a user . Similarly , the 5 quency ranges in an audio signal , such as the modulated 
right HRTF generator may be structured to pick up and filter signal . In at least one embodiment , the second filter module 
sounds to the right of the user . A left preamplifier may be is configured to be of least partially inverse relation relative 
structured and configured to increase the gain of the filtered to the first filter module . For example , if the first filter 
sound of the left HRTF generator . A right preamplifier may module boosted content above a first frequency by + X dB 
be structured and configured to increase the gain of the and attenuated content below a first frequency by -Y dB , the 
filtered sound of the right HRTF generator . The audio second filter module may then attenuate the content above 
processor may be structured and configured to process and the first frequency by -X dB , and boost the content below 
enhance the audio signal received from the left and right the first frequency by + Y dB . In other words , the purpose of 
preamplifiers , and then transmit the respective processed the second filter module in one embodiment may be to 
signals to each of the left and right playback modules . The “ undo " the gain adjustment that was applied by the first filter 
left and right playback modules or transducers are structured module . 
and configured to convert the electrical signals into sound to The second filtered signal from the second filter module 
the user , such that the user can then perceive the filtered and is then processed with a first processing module to create a 
enhanced sound from the user's environment , which 20 processed signal . In at least one embodiment , the first 
includes audio data that allows the user to localize the source processing module may comprise a peak / dip module . In 
of the originating sound . other embodiments , the first processing module may com 

In at least one embodiment , the system of the present prise both a peak / dip module and a first gain element . The 
invention may comprise a wearable device such as a headset first gain element may be configured to adjust the gain of the 
or headphones having the HRTF generator embedded 25 signal , such as the second filtered signal . The peak / dip 
therein . The wearable device may further comprise the module may be configured to shape the signal , such as to 
preamplifiers , audio processor , and playback modules , as increase or decrease overshoots or undershoots in the signal . 
well as other appropriate circuitry and components . The processed signal from the first processing module is 

In a further embodiment , a method for generating a head then split with a band splitter into a low band signal , a mid 
related audio transfer function may be used in accordance 30 band signal and a high band signal . In at least one embodi 
with the present invention . As such , external sound is first ment , each band may comprise the output of a fourth order 
filtered through an exterior of an HRTF generator which section , which may be realized as the cascade of second 
may comprise a tragus structure and an antihelix structure . order biquad filters . 
The filtered sound is then passed to the interior of the HRTF The low band signal is modulated with a low band 
generator , such as through the opening canal and auditory 35 compressor to create a modulated low band signal , and the 
canal described above to create an input sound . The input high band signal is modulated with a high band compressor 
sound is received at a microphone embedded within the to create a modulated high band signal . The low band 
HRTF generator adjacent to and connected to the auditory compressor and high band compressor are each configured 
canal in order to create an input signal . The input signal is to dynamically adjust the gain of a signal . Each of the low 
amplified with a preamplifier in order to create an amplified 40 band compressor and high band compressor may be com 
signal . The amplified signal is then processed with an audio putationally and / or configured identically as the first com 
processor , in order to create a processed signal . Finally , the pressor . 
processed signal is transmitted to the playback module in The modulated low band signal , the mid band signal , and 
order to relay audio and / or locational audio data to a user . the modulated high band signal are then processed with a 

In certain embodiments , the audio processor may receive 45 second processing module . The second processing module 
the amplified signal and first filter the amplified signal with may comprise a summing module configured to combine the 
a high pass filter . The high pass filter , in at least one signals . The summing module in at least one embodiment 
embodiment , is configured to remove ultra - low frequency may individually alter the gain of each of the modulated low 
content from the amplified signal resulting in the generation band , mid band , and modulated high band signals . The 
of a high pass signal . 50 second processing module may further comprise a second 

The high pass signal from the high pass filter is then gain element . The second gain element may adjust the gain 
filtered through a first filter module to create a first filtered of the combined signal in order to create a processed signal 
signal . The first filter module is configured to selectively that is transmitted to the playback module . 
boost and / or attenuate the gain of select frequency ranges in In additional embodiments , different signal filter and 
an audio signal , such as the high pass signal . In at least one 55 processing systems may be used to additionally provide 
embodiment , the first filter module boosts frequencies above head tracking and audio panning within virtual audio spaces . 
a first frequency , and attenuates frequencies below a first Accordingly , processors may also be used to adjust the level 
frequency . of each HRTF input channel pair according to a predefined 

The first filtered signal from the first filter module is then table of angles and corresponding decibel outputs . In further 
modulated with a first compressor to create a modulated 60 embodiments , the system comprises a signal filter bank , 
signal . The first compressor is configured for the dynamic preferably a finite impulse response ( “ FIR ” ) filter bank , a 
range compression of a signal , such as the first filtered signal processor , preferably an upmixer , and a panning 
signal . Because the first filtered signal boosted higher fre- function or algorithm configured to detect and subsequently 
quencies and attenuated lower frequencies , the first com- modify angles corresponding to the motion of a user's head , 
pressor may , in at least one embodiment , be configured to 65 and is further configured to “ pan ” audio sources in response 
trigger and adjust the higher frequency material , while thereto . Further , the present invention includes methodology 
remaining relatively insensitive to lower frequency material . for calibration through HRTF coefficient selections , gain 
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tables , and subjective listening tests to provide maximum from outside a virtual environment , such that a user may be 
flexibility for user experience . apprised of sounds and their direction outside of the user's 
By way of analogy , the present invention operates on the virtual environment . 

principal of a virtual sphere of speakers rotationally affixed These and other objects , features and advantages of the 
to a user's head . The effect of the virtual sphere is accom- present invention will become clearer when the drawings as 
plished by the FIR filter bank , and may be effectuated even well as the detailed description are taken into consideration . 
if the output signal is only directed to left and right speakers 
or headphones . Each speaker within the virtual sphere is BRIEF DESCRIPTION OF THE DRAWINGS 
identified by a coordinate system and the volume of each 
speaker is controlled by an upmixer . If the user rotates her For a fuller understanding of the nature of the present 
head , the sound coming from each speaker must be trans- invention , reference should be had to the following detailed 
lated to maintain the directionality of the sound . In effect , description taken in connection with the accompanying 
virtually speakers aligned with the original angle of a drawings in which : 
particular sound are not attenuated ( or attenuated the least ) FIG . 1 is a perspective external view of an apparatus for 
while the remaining speakers within the virtual sphere are generating a head related audio transfer function . 
attenuated according to predetermined amounts . FIG . 2 is a perspective internal view of an apparatus for 

According to one embodiment , the system may include a generating a head related audio transfer function . 
one - to - many upmixer for each channel of input signal , FIG . 3 is a block diagram directed to a system for 
which is used to determine the level of output signal sent to 20 generating a head related audio transfer function . 
each one of the virtual speakers . Each input signal includes FIG . 4A illustrates a side profile view of a wearable 
information corresponding to an original angle , which deter- device comprising an apparatus for generating a head related 
mines the initial directionality ( without modification by audio transfer function . 
panning ) on a virtual sphere of speakers surrounding the FIG . 4B illustrates a front profile view of a wearable 
user . When a user moves her head , a panning function of the 25 device comprising an apparatus for generating a head related 
present invention determines an appropriate adjustment of audio transfer function . 
the directionality on the virtual sphere of speakers . FIG . 5 illustrates a flowchart directed to a method for 

In a preferred embodiment , the output of the one - to - many generating a head related audio transfer function . 
upmixer is fed to a plurality of FIR filter pairs within the FIR FIG . 6 illustrates a schematic of one embodiment of an 
filter bank . The FIR filter pairs are arranged into two virtual 30 audio processor according to one embodiment of the present 
speaker hemispheres to form complete spherical coverage . invention . 
Each FIR filter pair includes a left and right channel input , FIG . 7 illustrates a schematic of another embodiment of 
but the output of the FIR filter pairs are configured in a an audio processor according to one embodiment of the 
mid - side orientation , and further configured to create the present invention . 
virtual speaker sphere . A signal may be processed by the 35 FIG . 8 illustrates a block diagram of one method for 
upmixer , used for each channel of input to determine the processing an audio signal with an audio processor accord 
level of signal sent to each filter . Each input contains ing to one embodiment of the present invention . 
information on an " origin angle ” which determines its FIG . 9 illustrates a block diagram of another method for 
original point on the virtual speaker sphere . The final decibel processing an audio signal with an audio processor accord 
output sent to each FIR filter pair is determined for each 40 ing to another embodiment of the present invention . 
angle of input contained in the input . Accordingly , the FIG . 10 illustrates a block diagram of one method of 
system also includes an array of predetermined relationships processing an audio signal from a single channel while the 
between the angle of the input and decibel outputs relative user is panning 
to the original signal level . The system may then interpolate FIG . 11 illustrates a schematic of initial angles of arbitrary 
or select an output to send through the FIR filter pair , 45 calculation points of a bird's eye view of a user's head . 
allowing for a user to determine the directionality of sound FIG . 12 illustrates a schematic of adjusted angles of 
through the differences in level provided by each speaker . arbitrary calculation points of a bird's eye view of a user's 
However , it is envisioned that the users may be moving or head after panning . 

in different positions while in the virtual speaker space . FIG . 13 is an exemplary array of original angles and 
Accordingly , the system also includes a panning function 50 associated attenuation amounts translating an original angle 
configured to detect the motion of a user's head and corre- according to motion of a user . 
spondingly modify the origin angle before selecting an Like reference numerals refer to like parts throughout the 
output to send through the FIR filter pairs , enabling the several views of the drawings . 
translation of origin angles of each signal input to new 
angles based on panning inputs . DETAILED DESCRIPTION OF THE 
By way of non - limiting example , the systems and meth EMBODIMENT 

odologies of the present embodiment may find use in 
connection with virtual environments , such as those expe- As illustrated by the accompanying drawings , the present 
rienced with a headset unit and earphones . The present invention is directed to an apparatus , system , and method for 
embodiment may be utilized to “ pan ” the directionality of 60 generating a head related audio transfer function for a user . 
audio sources within the virtual environment in response to Specifically , some embodiments relate to capturing sur 
input changes from the user and / or the user's head . rounding sound in the external environment in real time , 

The method described herein may be configured to cap- filtering that sound through unique structures formed on the 
ture and transmit locational audio data to a user in real time , apparatus in order to generate audio positional data , and then 
such that it can be utilized as a hearing aid , or in loud noise 65 processing that sound to enhance and relay the positional 
environments to filter out loud noises . The present invention audio data to a user , such that the user can determine the 
may also be utilized to transmit directional audio sources origination of the sound in three dimensional space . 

55 
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As schematically represented , FIGS . 1 and 2 illustrate at tial - domes ) may be swapped out based on a user's prefer 
least one preferred embodiment of an apparatus 100 for ence for particular acoustic characteristics . 
generating a head related audio transfer function for a user , Drawing attention now to FIG . 2 , the opening 103 is 
or “ HRTF generator ” . Accordingly , apparatus 100 comprises connected to , and in air flow communication with , an 
an external manifold 110 and an internal manifold 120. The 5 opening canal 111 inside the external manifold 110. In at 
external manifold 110 will be disposed at least partially on least one embodiment , the opening canal 111 is disposed in 
an exterior of the apparatus 100. The internal manifold 120 , a substantially perpendicular orientation relative to the 
on the other hand , will be disposed along an interior of the desired listening direction 104 of the user . The opening canal 
apparatus 100. For further clarification , the exterior of the 111 is further connected in air flow communication with an 
apparatus 100 comprises the external environment , such that 10 auditory canal 121. A portion of the auditory canal 121 may 
the exterior is directly exposed to the air of the surrounding be formed in the external manifold 110. In various embodi 
environment . The interior of the apparatus 100 comprises at ments , the opening canal 111 and auditory canal 121 may be 
least a partially sealed off environment that partially or fully of a single piece construction . In other embodiments , a canal 
obstructs the direct flow of acoustic waves . connector not shown may be used to connect the two 

The external manifold 110 may comprise a hexahedron 15 segments . At least a portion of the auditory canal 121 may 
shape having six faces . In at least one embodiment , the also be formed within the internal manifold 121 . 
external manifold 110 is substantially cuboid . The external As previously discussed , the internal manifold 120 is 
manifold 110 may comprise at least one surface that is formed wholly or substantially within an interior of the 
concave or convex , such as an exterior surface exposed to apparatus , such that it is not exposed directly to the outside 
the external environment . The internal manifold 120 may 20 air and will not be substantially affected by the external 
comprise a substantially cylindrical shape , which may be at environment . In at least one embodiment , the auditory canal 
least partially hollow . The external manifold 110 and inter- 121 formed within at least a portion of the internal manifold 
nal manifold 120 may comprise sound dampening or sound 121 , will be disposed in a substantially parallel orientation 
proof materials , such as various foams , plastics , and glass relative to desired listening direction 104 of the user . In a 
known to those skilled in the art . 25 preferred embodiment , the auditory canal comprises a length 

Drawing attention to FIG . 1 , the external manifold 110 that is greater than two times its diameter . 
comprises an antihelix structure 101 , a tragus structure 102 , A microphone housing 122 is attached to an end of the 
and an opening 103 that are externally visible . The opening auditory canal 121. Within the microphone housing 122 , a 
103 is in direct air flow communication with the surrounding microphone generally at 123 , not shown , is mounted against 
environment , and as such will receive a flow of acoustic 30 the end of the auditory canal 121. In at least one embodi 
waves or vibrations in the air that passes through the opening ment , the microphone 123 is mounted flush against the 
103. The tragus structure 102 is disposed to partially enclose auditory canal 121 , such that the connection may be sub 
the opening 103 , and the antihelix structure 101 is disposed stantially air tight to avoid interference sounds . In pre 
to partially enclose both the antihelix structure 102 and the ferred embodiment , an air cavity generally at 124 is created 
opening 103 . 35 behind the microphone and at the end of the internal 

In at least one embodiment , the antihelix structure 101 manifold 120. This may be accomplished by inserting the 
comprises a semi - dome structure having a closed side 105 microphone 123 into the microphone housing 122 , and then 
and an open side 106. In a preferred embodiment , the open sealing the end of the microphone housing , generally at 124 , 
side 106 faces the preferred listening direction 104 , and the with a cap . The cap may be substantially air tight in at least 
closed side 105 faces away from the preferred listening 40 one embodiment . Different gasses having different acoustic 
direction 104. The tragus structure 102 may also comprise a characteristics may be used within the air cavity . 
semi - dome structure having a closed side 107 and an open In at least one embodiment , apparatus 100 may form a 
side 108. In a preferred embodiment , the open side 108 faces part of a larger system 300 as illustrated in FIG . 3. Accord 
away from the preferred listening direction 104 , while the ingly , a system 300 may comprise a left HRTF generator 
closed side 107 faces towards the preferred listening direc- 45 100 , a right HRTF generator 100 ' , a left preamplifier 210 , a 
tion 104. In other embodiments , the open side 106 of the right preamplifier 210 ' , an audio processor 220 , a left 
antihelix structure 101 may be in direct confronting relation playback module 230 , and a right playback module 230 ' . 
to the open side 108 of the tragus structure 102 , regardless The left and right HRTF generators 100 and 100 may 
of the preferred listening direction 104 . comprise the apparatus 100 described above , each having 

Semi - dome as defined for the purposes of this document 50 unique structures such as the antihelix structure 101 and 
may comprise a half - dome structure or any combination of tragus structure 102. Accordingly , the HRTF generators 
partial - dome structures . For instance , the anti - helix structure 100/100 ' may be structured to generate a head related audio 
101 of FIG . 1 comprises a half - dome , while the tragus transfer function for a user , such that the sound received by 
structure 102 comprises a partial - dome wherein the base the HRTF generators 100/100 ' may be relayed to the user to 
portion may be less than that of a half - dome , but the top 55 accurately communicate position data of the sound . In other 
portion may extend to or beyond the halfway point of a words , the HRTF generators 100/100 ' may replicate and 
half - dome to provide increased coverage or enclosure of the replace the function of the user's own left and right ears , 
opening 103 and other structures . Of course , in other varia- where the HRTF generators would collect sound , and per 
tions , the top portion and bottom portion of the semi - dome form respective spectral transformations or a filtering pro 
may vary in respective dimensions to form varying portions 60 cess to the incoming sounds to enable the process of vertical 
of a full dome structure , in order to create varying coverage localization to take place . 
of the opening 103. This allows the apparatus to produce A left preamplifier 210 and right preamplifier 210 ' may 
different or enhanced acoustic input for calculating direction then be used to enhance the filtered sound coming from the 
and distance of the source sound relative to the user . HRTF generators , in order to enhance certain acoustic 

In at least one embodiment , the antihelix structure 101 65 characteristics to improve locational accuracy , or to filter out 
and tragus structure 102 may be modular , such that different unwanted noise . The preamplifiers 210/210 ' may comprise 
sizes or shapes ( variations of different semi - domes or par- an electronic amplifier , such as a voltage amplifier , current 
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amplifier , transconductance amplifier , transresistance ampli- processed signal is transmitted to a playback module , as in 
fier and / or any combination of circuits known to those 206 , in order to relay the audio and / or locational audio data 
skilled in the art for increasing or decreasing the gain of a to the user . 
sound or input signal . In at least one embodiment , the In a preferred embodiment of the present invention , the 
preamplifier comprises a microphone preamplifier config- 5 method of FIG . 5 may perform the locational audio capture 
ured to prepare a microphone signal to be processed by other and transmission to a user in real time . This facilitates usage 
processing modules . As it may be known in the art , micro- in a hearing assistance situation , such as a hearing aid for a 
phone signals sometimes are too weak to be transmitted to user with impaired hearing . This also facilitates usage in a 
other units , such as recording or playback devices with high noise environment , such as to filter out noises and / or 
adequate quality . A microphone preamplifier thus increases 10 enhancing human speech . 
a microphone signal to the line level by providing stable gain In at least one embodiment , the method of FIG . 5 may 
while preventing induced noise that might otherwise distort further comprise a calibration process , such that each user 
the signal . can replicate his or her unique HRTF in order to provide for 

Audio processor 230 may comprise a digital signal pro- accurate localization of a sound in three dimensional space . 
cessor and amplifier , and may further comprise a volume 15 The calibration may comprise adjusting the antihelix and 
control . Audio processor 230 may comprise a processor and tragus structures as described above , which may be formed 
combination of circuits structured to further enhance the of modular and / or moveable components . Thus , the antihe 
audio quality of the signal coming from the microphone lix and / or tragus structure may be repositioned , and / or 
preamplifier , such as but not limited to shelf filters , equal- differently shaped and / or sized structures may be used . In 
izers , modulators . For example , in at least one embodiment 20 further embodiments , the audio processor 230 described 
the audio processor 230 may comprise a processor that above may be further calibrated to adjust the acoustic 
performs the steps for processing a signal as taught by the enhancement of certain sound waves relative to other sound 
present inventor's U.S. Pat . No. 8,160,274 , the entire dis- waves and / or signals . 
closure of which is incorporated herein by reference . Audio With regard to FIG . 6 , one embodiment of an audio 
processor 230 may incorporate various acoustic profiles 25 processor 230 is represented schematically as a system 
customized for a user and / or for an environment , such as 1000. As schematically represented , FIG . 6 illustrates at 
those described in the present inventor's U.S. Pat . No. least one preferred embodiment of a system 1000 , and FIG . 
8,565,449 , the entire disclosure of which is incorporated 7 provides examples of several subcomponents and combi 
herein by reference . Audio processor 230 may additionally nations of subcomponents of the modules of FIG . 6. Accord 
incorporate processing suitable for high noise environments , 30 ingly , and in these embodiments , the systems 1000 and 3000 
such as those described in the present inventor's U.S. Pat . generally comprise an input device 1010 ( such as the left 
No. 8,462,963 , the entire disclosure of which is incorporated preamplifier 210 and / or right preamplifier 210 ' ) , a high pass 
herein by reference . Parameters of the audio processor 230 filter 1110 , a first filter module 3010 , a first compressor 1140 , 
may be controlled and modified by a user via any means a second filter module 3020 , a first processing module 3030 , 
known to one skilled in the art , such as by a direct interface 35 a band splitter 1190 , a low band compressor 1300 , a high 
or a wireless communication interface . band compressor 1310 , a second processing module 3040 , 

The left playback module 230 and right playback module and an output device 1020 . 
230 ' may comprise headphones , earphones , speakers , or any The input device 1010 is at least partially structured or 
other transducer known to one skilled in the art . The purpose configured to transmit an input audio signal 2010 , such as an 
of the left and right playback modules 230/230 ' is to convert 40 amplified signal from a left or right preamplifier 210 , 210 ' , 
the electrical audio signal from the audio processor 230 back into the system 1000 of the present invention , and in at least 
into perceptible sound for the user . As such , a moving - coil one embodiment into the high pass filter 1110 . 
transducer , electrostatic transducer , electret transducer , or The high pass filter 1110 is configured to pass through 
other transducer technologies known to one skilled in the art high frequencies of an audio signal , such as the input signal 
may be utilized . 45 2010 , while attenuating lower frequencies , based on a pre 

In at least one embodiment , the present system 200 determined frequency . In other words , the frequencies above 
comprises a device 200 as generally illustrated at FIGS . 4A the predetermined frequency may be transmitted to the first 
and 4B , which may be a wearable headset 200 having the filter module 3010 in accordance with the present invention . 
apparatus 100 embedded therein , as well as various ampli- In at least one embodiment , ultra - low frequency content is 
fiers including but not limited to 210/210 ' , processors such 50 removed from the input audio signal , where the predeter 
as 220 , playback modules such as 230/230 ' , and other mined frequency may be selected from a range between 300 
appropriate circuits or combinations thereof for receiving , Hz and 3 kHz . The predetermined frequency however , may 
transmitting , enhancing , and reproducing sound . vary depending on the source signal , and vary in other 

In a further embodiment as illustrated in FIG . 5 , a method embodiments to comprise any frequency selected from the 
for generating a head related audio transfer function is 55 full audible range of frequencies between 20 Hz to 20 kHz . 
shown . Accordingly , external sound is first filtered through The predetermined frequency may be tunable by a user , or 
at least a tragus structure and an antihelix structure formed alternatively be statically set . The high pass filter 1110 may 
along an exterior of an HRTF generator , as in 201 , in order further comprise any circuits or combinations thereof struc 
to create a filtered sound . Next , the filtered sound is passed tured to pass through high frequencies above a predeter 
through an opening and auditory canal along an interior of 60 mined frequency , and attenuate or filter out the lower 
the HRTF generator , as in 202 , in order to create an input frequencies . 
sound . The input sound is received at a microphone embed- The first filter module 3010 is configured to selectively 
ded within the HRTF generator , as in 203 , in order to create boost or attenuate the gain of select frequency ranges within 
an input signal . The input signal is then amplified with a an audio signal , such as the high pass signal 2110. For 
preamplifier , as in 204 , in order to create an amplified signal . 65 example , and in at least one embodiment , frequencies below 
The amplified signal is processed with an audio processor , as a first frequency may be adjusted by -X dB , while frequen 
in 205 , in order to create a processed signal . Finally , the cies above a first frequency may be adjusted by + Y dB . In 
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other embodiments , a plurality of frequencies may be used FIG . 7. In other embodiments , the first processing module 
to selectively adjust the gain of various frequency ranges 3030 may comprise a first gain element 1170. In various 
within an audio signal . In at least one embodiment , the first embodiments , the processing module 3030 may comprise 
filter module 3010 may be implemented with a first low shelf both a first gain element 1170 and a peak / dip module 1180 
filter 1120 and a first high shelf filter 1130 , as illustrated in 5 for the processing of a signal . The first gain element 1170 , 
FIG . 6. The first low shelf filter 1120 and first high shelf filter in at least one embodiment , may be configured to adjust the 
1130 may both be second - order filters . In at least one level of a signal by a static amount . The first gain element 
embodiment , the first low shelf filter 1120 attenuates content 1170 may comprise an amplifier or a multiplier circuit . In 
below a first frequency , and the first high shelf filter 1120 other embodiments , dynamic gain elements may be used . 
boosts content above a first frequency . In other embodi- 10 The peak / dip module 1180 is configured to shape the desired 
ments , the frequency used for the first low shelf filter 1120 output spectrum , such as to increase or decrease overshoots 
and first high shelf filter 1130 may comprise two different or undershoots in the signal . In some embodiments , the 
frequencies . The frequencies may be static or adjustable . peak / dip module may further be configured to adjust the 
Similarly , the gain adjustment ( boost or attenuation ) may be slope of a signal , for instance for a gradual scope that gives 
static or adjustable . 15 a smoother response , or alternatively provide for a steeper 

The first compressor 1140 is configured to modulate a slope for more sudden sounds . In at least one embodiment , 
signal , such as the first filtered signal 4010. The first the peak / dip module 1180 comprises a bank of ten cascaded 
compressor 1120 may comprise an automatic gain control- peak / dipping filters . The bank of ten cascaded peaking 
ler . The first compressor 1120 may comprise standard dipping filters may further be second - order filters . In at least 
dynamic range compression controls such as threshold , 20 one embodiment , the peak / dip module 1180 may comprise 
ratio , attack and release . Threshold allows the first compres- an equalizer , such as parametric or graphic equalizers . 
sor 1120 to reduce the level of the filtered signal 2110 if its The band splitter 1190 is configured to split a signal , such 
amplitude exceeds a certain threshold . Ratio allows the first as the processed signal 4030. In at least one embodiment , the 
compressor 1120 to reduce the gain as determined by a ratio . signal is split into a low band signal 2200 , a mid band signal 
Attack and release determine how quickly the first compres- 25 2210 , and a high band signal 2220. Each band may be the 
sor 1120 acts . The attack phase is the period when the first output of a fourth order section , which may be further 
compressor 1120 is decreasing gain to reach the level that is realized as the cascade of second order biquad filters . In 
determined by the threshold . The release phase is the period other embodiments , the band splitter may comprise any 
that the first compressor 1120 is increasing gain to the level combination of circuits appropriate for splitting a signal into 
determined by the ratio . The first compressor 1120 may also 30 three frequency bands . The low , mid , and high bands may be 
feature soft and hard knees to control the bend in the predetermined ranges , or may be dynamically determined 
response curve of the output or modulated signal 2120 , and based on the frequency itself , i.e. a signal may be split into 
other dynamic range compression controls appropriate for three even frequency bands , or by percentage . The different 
the dynamic compression of an audio signal . The first bands may further be defined or configured by a user and / or 
compressor 1120 may further comprise any device or com- 35 control mechanism . 
bination of circuits that is structured and configured for A low band compressor 1300 is configured to modulate 
dynamic range compression . the low band signal 2200 , and a high band compressor 1310 

The second filter module 3020 is configured to selectively is configured to modulate the high band signal 2220. In at 
boost or attenuate the gain of select frequency ranges within least one embodiment , each of the low band compressor 
an audio signal , such as the modulated signal 2140. In at 40 1300 and high band compressor 1310 may be the same as the 
least one embodiment , the second filter module 3020 is of first compressor 1140. Accordingly , each of the low band 
the same configuration as the first filter module 3010 . compressor 1300 and high band compressor 1310 may each 
Specifically , the second filter module 3020 may comprise a be configured to modulate a signal . Each of the compressors 
second low shelf filter 1150 and a second high shelf filter 1300 , 1310 may comprise an automatic gain controller , or 
1160. In certain embodiments , the second low shelf filter 45 any combination of circuits appropriate for the dynamic 
1150 may be configured to filter signals between 100 Hz and range compression of an audio signal . 
3000 Hz , with an attenuation of between -5 dB to -20 dB . A second processing module 3040 is configured to pro 
In certain embodiments the second high shelf filter 1160 cess at least one signal , such as the modulated low band 
may be configured to filter signals between 100 Hz and 3000 signal 2300 , the mid band signal 2210 , and the modulated 
Hz , with a boost of between +5 dB to +20 dB . 50 high band signal 2310. Accordingly , the second processing 

The second filter module 3020 may be configured in at module 3040 may comprise a summing module 1320 con 
least a partially inverse configuration to the first filter figured to combine a plurality of signals . The summing 
module 3010. For instance , the second filter module may use module 1320 may comprise a mixer structured to combine 
the same frequency , for instance the first frequency , as the two or more signals into a composite signal . The summing 
first filter module . Further , the second filter module may 55 module 1320 may comprise any circuits or combination 
adjust the gain inversely to the gain or attenuation of the first thereof structured or configured to combine two or more 
filter module , of content above the first frequency . Similarly signals . In at least one embodiment , the summing module 
second filter module may also adjust the gain inversely to the 1320 comprises individual gain controls for each of the 
gain or attenuation of the of the first filter module , of content incoming signals , such as the modulated low band signal 
below the first frequency . In other words , the purpose of the 60 2300 , the mid band signal 2210 , and the modulated high 
second filter module in one embodiment may be to “ undo " band signal 2310. In at least one embodiment , the second 
the gain adjustment that was applied by the first filter processing module 3040 may further comprise a second gain 
module . element 1330. The second gain element 1330 , in at least one 

The first processing module 3030 is configured to process embodiment , may be the same as the first gain element 1170 . 
a signal , such as the second filtered signal 4020. In at least 65 The second gain element 1330 may thus comprise an 
one embodiment , the first processing module 3030 may amplifier or multiplier circuit to adjust the signal , such as the 
comprise a peak / dip module , such as 1180 represented in combined signal , by a predetermined amount . 
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The output device 1020 may comprise the left playback The compressor first computes an approximation of the 
module 230 and / or right playback module 230 ' . signal level , where att represents attack time ; rel rep 
As diagrammatically represented , FIG . 8 illustrates a resents release time ; and invThr represents a precom 

block diagram of one method for processing an audio signal puted threshold : 
with an audio processor 220 , which may in at least one 
embodiment incorporate the components or combinations 
thereof from the systems 1000 and / or 3000 referenced temp = abs ( x ( k ) ) 
above . Each step of the method in FIG . 8 as detailed below if temp > level ( k - 1 ) 

level ( k ) = att ( level ( k - 1 ) - temp ) + temp may also be in the form of a code segment stored on a else 
non - transitory computer readable medium for execution by 10 level rel * ( level ( k - 1 ) - temp ) + temp 
the audio processor 220 . 

Accordingly , an input audio signal , such as the amplified 
signal , is first filtered , as in 5010 , with a high pass filter to This level computation is done for each input sample . The 
create a high pass signal . The high pass filter is configured ratio of the signal's level to invThr then determines the 
to pass through high frequencies of a signal , such as the 15 next step . If the ratio is less than one , the signal is 
input signal , while attenuating lower frequencies . In at least passed through unaltered . If the ratio exceeds one , a 
one embodiment , ultra - low frequency content is removed by table in the memory may provide a constant that's a 
the high - pass filter . In at least one embodiment , the high pass function of both invThr and level : 
filter may comprise a fourth - order filter realized as the 
cascade of two second - order biquad sections . The reason for 20 
using a fourth order filter broken into two second order if ( level * thr < 1 ) 

output ( k ) = x ( k ) sections is that it allows the filter to retain numerical else 
precision in the pres ce of finite word length effects , which index floor ( level * invThr ) 
can happen in both fixed and floating point implementations . if ( index > 99 ) 

index 99 An example implementation of such an embodiment may 25 gainReduction = table [ index ] assume a form similar to the following : output ( k ) = gainReduction * x ( k ) 
Two memory locations are allocated , designated as d k 

1 ) and dík - 2 ) , with each holding a quantity known as 
a state variable . For each input sample x ( k ) , a quantity The modulated signal from the first compressor is then 
d ( k ) is calculated using the coefficients al and a2 : filtered , as in 5040 , with a second filter module to create a 

second filtered signal . The second filter module is configured 
d ( k ) = x ( k ) -al * d ( k - 1 ) -a2 * d ( k - 2 ) to selectively boost or attenuate the gain of select frequency 

The output y ( k ) is then computed , based on coefficients ranges within an audio signal , such as the modulated signal . 
bo , b1 , and b2 , according to : Accordingly , the second filter module may comprise a 

35 second order low shelf filter and a second order high shelf y ( k ) = b0 * d ( k ) + b1 * d ( k - 1 ) + b2 * d ( k - 2 ) filter in at least one embodiment . In at least one embodiment , 
The above computation comprising five multiplies and the second filter module boosts the content above a second 

four adds is appropriate for a single channel of second - order frequency by a certain amount , and attenuates the content 
biquad section . Accordingly , because the fourth - order high below a second frequency by a certain amount . In at least 
pass filter is realized as a cascade of two second - order 40 one embodiment , the second filter module adjusts the con 
biquad sections , a single channel of fourth order input high tent below the first specified frequency by a fixed amount , 
pass filter would require ten multiples , four memory loca- inverse to the amount that was removed by the first filter 
tions , and eight adds . module . By way of example , if the first filter module boosted 

The high pass signal from the high pass filter is then content above a first frequency by + X dB and attenuated 
filtered , as in 5020 , with a first filter module to create a first 45 content below a first frequency by -Y dB , the second filter 
filtered signal . The first filter module is configured to selec- module may then attenuate the content above the first 
tively boost or attenuate the gain of select frequency ranges frequency by -X dB , and boost the content below the first 
within an audio signal , such as the high pass signal . Accord- frequency by + Y dB . In other words , the purpose of the 
ingly , the first filter module may comprise a second order second filter module in one embodiment may be to “ undo ” 
low shelf filter and a second order high shelf filter in at least 50 the filtering that was applied by the first filter module . 
one embodiment . In at least one embodiment , the first filter The second filtered signal from the second filter module 
module boosts the content above a first frequency by a is then processed , as in 5050 , with a first processing module 
certain amount , and attenuates the content below a first to create a processed signal . The processing module may 
frequency by a certain amount , before presenting the signal comprise a gain element configured to adjust the level of the 
to a compressor or dynamic range controller . This allows the 55 signal . This adjustment , for instance , may be necessary 
dynamic range controller to trigger and adjust higher fre- because the peak - to - average ratio was modified by the first 
quency material , whereas it is relatively insensitive to lower compressor . The processing module may comprise a peak / 
frequency material . dip module . The peak / dip module may comprise ten cas 

The first filtered signal from the first filter module is then caded second - order filters in at least one embodiment . The 
modulated , as in 5030 , with a first compressor . The first 60 peak / dip module may be used to shape the desired output 
compressor may comprise an automatic or dynamic gain spectrum of the signal . In at least one embodiment , the first 
controller , or any circuits appropriate for the dynamic com- processing module comprises only the peak / dip module . In 
pression of an audio signal . Accordingly , the compressor other embodiments , the first processing module comprises a 
may comprise standard dynamic range compression controls gain element followed by a peak / dip module . 
such as threshold , ratio , attack and release . An example 65 The processed signal from the first processing module is 
implementation of the first compressor may assume a form then split , as in 5060 , with a band splitter into a low band 
similar to the following : signal , a mid band signal , and a high band signal . The band 
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splitter may comprise any circuit or combination of circuits compressor , as in 5080. The modulated low band signal , mid 
appropriate for splitting a signal into a plurality of signals of band signal , and modulated high band signal are then 
different frequency ranges . In at least one embodiment , the combined with a summing module , as in 6310. The com 
band splitter comprises a fourth - order band - splitting bank . bined signal is then gain adjusted with a second gain element 
In this embodiment , each of the low band , mid band , and 5 in order to create the output signal , as in 6320 . 
high band are yielded as the output of a fourth - order section , With reference to FIG . 10 , it is envisioned that a large 
realized as the cascade of second - order biquad filters . variety of audio filter systems 900 comprising signal filters 

The low band signal is modulated , as in 5070 , with a low and audio processors 220 may be used for generating and / or band compressor to create a modulated low band signal . The panning a head related audio transfer function for a user . By low band compressor may be configured and / or computa- 10 
tionally identical to the first compressor in at least one way of non - limiting example , in one additional embodi 
embodiment . The high band signal is modulated , as in 5080 , ment , a system comprising at least an FIR filter bank 906 
with a high band compressor to create a modulated high further comprising a plurality of FIR filter pair 9060s may be 
band signal . The high band compressor may be configured arranged and dimensioned to surround at least a portion of 
and / or computationally identical to the first compressor in at 15 a user's head , such as via left and right headphones or 
least one embodiment . speakers . Additionally , each FIR filter pair 9060 in the 

The modulated low band signal , mid band signal , and system may include two individual FIR filters arranged in , 
modulated high band signal are then processed , as in 5090 , at least but not limited to , ideally a “ mid / side ” configuration 
with a second processing module . The second processing so as to facilitate conversion of a sound input to sound 
module comprises at least a summing module . The summing 20 output while maintaining directionality . In at least one 
module is configured to combine a plurality of signals into additional embodiment , the plurality of FIR filter pair 9060s 
one composite signal . In at least one embodiment , the are arranged into two hemispheres each configured to sur 
summing module may further comprise individual gain round at least a portion of a user's head to create a virtual 
controls for each of the incoming signals , such as the speaker sphere . Each FIR filter pair 9060 may be configured 
modulated low band signal , the mid band signal , and the 25 to have two input channels , one channel each for the right 
modulated high band signal . By way of example , an output and left side . Each specific FIR filter pair 9060 may addi 
of the summing module may be calculated by : tionally be associated with a specific playback module 230 

or speaker of a of playback modules that are equivalently out = w0 * low + w1 * mid + w2 * high arranged and dimensioned to surround at least a portion of 
The coefficients w0 , wl , and w2 represent different gain 30 a user's head . Upon receiving a sound signal input through 
adjustments . The second processing module may further a channel audio input 907 , containing information corre 
comprise a second gain element . The second gain element sponding to the desired virtual location or directionality of 
may be the same as the first gain element in least one the signal there the signal processor 220 or upmixer may 
embodiment . The second gain element may provide a final then determine an origin angle 901 based on the information 
gain adjustment . Finally , the second processed signal is 35 in the signal for each channel audio input 907. It is envi 
transmitted as the output signal . sioned that each input's origin angle 901 determines its 
As diagrammatically represented , FIG . 9 illustrates a original point on the virtual speaker sphere . The origin angle 

block diagram of one method for processing an audio signal 901 consists of at least an angle of input ( X / Y ) . Additionally , 
with an audio processor 220 , which may in at least one once the origin angle 901 is known , an output 905 may be 
embodiment incorporate the components or combinations 40 determined for a given playback module 230 through check 
thereof from the systems 1000 and / or 3000 referenced ing an angle to level relationship that may be stored in an 
above . Because the individual components of FIG . 9 have array 903 , empirically derived formula , or interpolation 904 . 
been discussed in detail above , they will not be discussed It is envisioned that users may be in motion or in different 
here . Further , each step of the method in FIG . 9 as detailed positions while the system or method determines an origin 
below may also be in the form of a code segment directed 45 angle 901. For instance , if a user hears a sound within a 
to at least one embodiment of the present invention , which virtual environment with a directionality indicating the 
is stored on a non - transitory computer readable medium , for source of the sound is or should be behind the user , and the 
execution by the audio processor 220 of the present inven- user turns right while the sound continues to play , the user 
tion . must have the outputs adjusted accordingly . As such , in at 

Accordingly , an input audio signal is first filtered , as in 50 least one embodiment , the system or method of HRTF may 
5010 , with a high pass filter . The high pass signal from the be additionally configured to incorporate a panning function 
high pass filter is then filtered , as in 6010 , with a first low 902 , wherein the system or method 900 may account for 
shelf filter . The signal from the first low shelf filter is then motion of a user's head in all axes X , Y , and Z. The panning 
filtered with a first high shelf filter , as in 6020. The first function 902 is configured to translate the origin angles 901 
filtered signal from the first low shelf filter is then modulated 55 of each input into new angles based on a user's panning 
with a first compressor , as in 5030. The modulated signal input . The panning input may also be a head tracking system 
from the first compressor is filtered with a second low shelf or panning controls using principal axes . By way of non 
filter as in 6110. The signal from the low shelf filter is then limiting example , the X - axis may refer to the transverse axis 
filtered with a second high shelf filter , as in 6120. The " pitch , ” or any vertical rotation of a user's head typically 
second filtered signal from the second low shelf filter is then 60 exemplified by a nodding motion . The Y - axis may refer to 
gain - adjusted with a first gain element , as in 6210. The the vertical axis “ yaw , " or any side - to - side rotation of a 
signal from the first gain element is further processed with user's head typically exemplified by shaking a user's head to 
a peak / dip module , as in 6220. The processed signal from say no . The Z - axis may refer to the longitudinal axis “ roll , ” 
the peak / dip module is then split into a low band signal , a or any head - rolling motion exemplified by pointing an ear 
mid band signal , and a high band signal , as in 5060. The low 65 on the user's head downward while pointing the opposite ear 
band signal is modulated with a low band compressor , as in upward . Accordingly , the system or method will also include 
5070. The high band signal is modulated with a high band at least , but may be not limited to , a gyroscope , accelerom 
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eter , and / or magnetometer , as well as any software or calibration , flexibility , and management of the outputs . 
program to interpret any data produced therefrom . Accordingly , any aforementioned rules or logic may be 

Accordingly , in at least one additional embodiment , any changed or modified to reflect user preference . 
panning in Y 9021 , panning in X , 9022 , or panning in Z 9023 In at least one embodiment , arrays 903 may be used to 
will correspondingly modify the calculation of the output by 5 translate a sound input signal passed through an audio 
changing the origin angle 901 to reflect such panning . By processor 220 , specifically but not limited to an upmixer , 
way of non - limiting example , various panning logic rules as into an origin angle 901 , and subsequently into an output , 
part of the panning function 902 may be implemented to specifically but not limited to a decibel value for a corre 
automatically account for any change of axes such that the sponding individual left 230 and right 230 ' playback module 
origin angle 901 must be modified . An example of the base 10 or speaker 230. The array 903 may include but is not limited 
panning logic may include beginning with calculation of the to a Y angle index corresponding to every X angle . Accord 
Y - axis angle by assuming a form similar to ( Y - axis origin- ingly , the array 903 may contain every X / Y combination of 
Y - axis panning ) . When the Y - axis angle is at its starting angles within the desired points on the combination of two 
point , defined as 0 degrees , X - axis panning and Z - axis symmetric hemispheres and may be modified accordingly to 
panning are calculated as normal , without either the X or Z 15 increase precision in relation to the number of output points 
axes modifying each other therein . When the Y - axis angle on the system or method . Further , each X / Y combination 
pans to 90 degrees , defined as turning left , the X - axis may correspond with a decibel output . In at least one 
panning is modified to 0 % , and the Z - axis panning modifies embodiment , the array 903 may be used as a reference for 
X - panning to 100 % . When the Y - axis angle pans to 180 any number of input channels 907 where each channel has 
degrees , which faces opposite to the aforementioned 0 - de- 20 an origin angle 901 that is unique . By way of non - limiting 
grees starting point , X - axis panning becomes its opposite example , each X / Y combination corresponding to a decibel 
with -100 % in relation to the starting point . By way of value may have a default minimum value of -80 dB with 
demonstrative example , when at an initial starting point of reference to the original signal . It is envisioned that this 
Y - axis angle 0 degrees , a 10 degree change in the X - axis is minimum value may be changed with an allowable range of 
the equivalent to a -10 degree change in the X - axis when the 25 -20 dB to -100 dB for personalized testing . Additionally , in 
Y - axis angle is set at 180 degrees . Additionally , when the at least one additional embodiment , the minimum dB value 
Y - axis angle pans to 270 degrees , X - axis panning is modi- represents a mute level and is essential for interpolation 904 
fied to 0 % and Z - axis panning modifies X - panning to calculation . 
-100 % . In this specific ruleset , the X - axis need only be In another embodiment , the arrays 903 may be modified 
concerned with angles from 0-90 degrees and from 0-270 30 in any way , including but not limited to modification of the 
degrees , since the remaining angles from 90-270 degrees are outputs 905 based on combinations of X / Y , or the addition 
handled by changes in the Y - axis . or subtraction of X / Y combinations to yield a more precise 
By way of non - limiting example , and with reference to table . Accordingly , in least one additional embodiment , 

FIGS . 11 and 12 , the angles may be described with any the values in the array may be empirically created and 
number of arbitrary points from a bird's eye view of the 35 modified by careful subjective calibration based on the 
user's head or X - axis . Multiple sources may be initially set perceived location of the audio source . This approach serves 
with original angles for each channel , and subsequently be to decouple the discrete speaker locations from the per 
passed through an array or “ lookup table ” and be offset by ceived result of mixing signals between pairs of filters . 
a panning function's 902 angle value . For instance , with If the origin angle of an input channel is known , the 
reference to FIG . 11 , it can be observed that the system may 40 position relative to the origin can be interpolated by looking 
set four arbitrary points Front Left ( FL ) 9101 , Front Right up closest values in the array . It is thus additionally envi 
( FR ) 9102 , Rear Left ( RL ) 9104 , and Rear Right ( RR ) 9104 sioned that the system or method of generating HRTF may 
with angle coordinates in the format ( Y , X , Z ) on a bird's - eye not produce the input calculations in the exact quantities 
view of the X - axis , the initial origin angles of the four listed in an array . Accordingly , in an additional embodiment 
arbitrary points may be listed as : 45 of the present invention , the system or method may use 
FL 9101 = ( 45 , 0 , 0 ) interpolation to either find the nearest possible values or a 
FR 9102 = ( 315 , 0 , 0 ) calculation of an empirically derived relationship . By way of 
RL 9104 = ( 145 , 0 , 0 ) non - limiting example , upon receiving an input that does not 
RR 9103 = ( 215 , 0 , 0 ) perfectly align with the quantities listed in the array , soft 
Turning to FIG . 12 , modifying the initial origin angle 901 50 ware in the system or method may select the closest two 

by rotating the user 5 degrees to the left and 10 degrees up rows for X and the closest two rows for Y for use in linear 
changes the initial origin angle 901 into : interpolation to output a decibel value . Specifically , in at 
FL 9101 = ( 40 , 10 , 0 ) least one embodiment for Y and X - Axis location and inter 
FR 9102 = ( 310 , 10 , 0 ) polation after panning , given a desired location for the sound 
RL 9104 = ( 140 , 190 , 0 ) 55 to come from , determined by modifying the current angle of 
RR 9103 = ( 210 , 190 , 0 ) the head , the system or method may look up the closest 
It is envisioned that any form of such panning logic may entries in the array or lookup table to ( 1 ) find the Y angle 

be used as the panning function 902 , such as initially index that is larger than the Y target with smaller X , ( 2 ) find 
calculating the X - axis panning 9022 and using Y - axis pan- the Y angle index that is smaller than the Y target with 
ning 9021 to modify the Z - axis panning 9023. However , 60 smaller X , ( 3 ) find the Y angle index that is larger than the 
because rotation about the Y - axis is usually the most com- Y target with larger X , ( 4 ) find the Y angle index that is 
mon movement of a user's head , the preferred embodiment smaller than the Y target with larger X. Upon locating the 
will initially calculate the Y - axis angle and modify the aforementioned four rows , the system or method may then 
X - axis and Z - axis accordingly . In yet another embodiment , calculate a Y - ratio modifier and X - ratio modifier which may 
pre - made or commercial software may be used to as the 65 assume a form similar to the following : 
panning function 902 for modifications to origin angle 901 . mod y = ( smallYTableAngle - current YAngle ) / ( large 
It is additionally envisioned that users will desire subjective YTableAngle - current YAngle ) 
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mod x = ( smallXTableAngle - currentXAngle ) / ( largeX the invention , it is intended that all matters in the foregoing TableAngle - currentXAngle ) description and shown in the accompanying drawings be 
whereupon the system or method may then loop through the interpreted as illustrative and not in a limiting sense . Thus , 
4 rows selected rows to calculate a new Y to small X array the scope of the invention should be determined by the 
and Y to large X array . Subsequently , using any pre - deter- 5 appended claims and their legal equivalents . 
mined or empirical formula allows for interpolation of the 
final output level array . A gain table may be used to translate What is claimed is : 
the final coordinate angles to the volume level of the correct 1. A system of generating an adjusted head related audio speaker . transfer function ( HRTF ) for a user , the system comprising : FIG . 13 is an exemplary array table comprising origin 10 at least one channel audio input configured to receive an angles 901 and a plurality of corresponding decibel levels input signal therein , the input signal containing infor 9032 with respect to a particular speaker location 9031 
within the virtual sphere of speakers . An example of an array mation corresponding to at least an origin angle to be 
903 of the present invention can be observed in FIG . 13 . perceived by the user , a motion translator configured to 

track motion of the user about at least three axes , an Upon receiving an input signal containing information on an 15 
origin angle 901 comprising of a Y - Axis degree and X - Axis X - axis transverse to the user's head , a Y - axis pointing 
degree , a processor may accordingly associate an output , at vertically up from the user's head , and a Z - axis point 
least ideally but not limited to a decibel level , to a plurality ing longitudinally away from a user's face , 
of speakers . By way of non - limiting example , with reference a panning function configured to translate said origin 
to FIG . 13 , an origin angle with 0 degrees in both the Y - Axis 20 angle of said input signal into an adjusted origin angle 
and X - Axis may result in attenuating the following speakers : configured in response to motion of the user , 
O decibel attenuation to the Center speaker ( center mid ) , -10 said panning function configured to first determine an 
decibel output to a Front Left ( FL mid ) speaker , -80 decibel angle of rotation about said Y - Axis , and upon deter 
output to Side Left ( SL mid ) speaker , -80 decibel output to mining said angle of rotation about said Y - axis , deter 
Side Right ( SR mid ) speaker , -80 decibel output to a Back 25 mining an angle of rotation about said X - axis , and 
Left ( BL mid ) speaker , -80 decibel output to a Back Right modifying said angle of rotation about said X - axis 
( BR mid ) speaker . It is envisioned that any value in the array based on at least said angle of rotation about said 
table may be modified , at least but not limited to dimension , Y - axis , 
decibel or output values , origin angles , or minimums for an array configured to associate said adjusted origin angle 
personal preference . Additionally , any number of array 30 to a predetermined decibel value , 
tables be used to increase or decrease the precision of an interpolation function configured to calculate the pre may 
an origin angle as related to a speaker output . For instance , determined decibel value upon detecting an absence of 
additional array tables 903 may be constructed for speakers said adjusted origin angle in the array , , 
located on the bottom or top of any system in addition to a processor configured to convert said predetermined 
array tables 903 covering the middle speakers 9031. Addi- 35 decibel value into an output signal containing informa 
tionally , interpolation may be used to find the appropriate tion on positional audio data , 
attenuation for degrees not listed in a table . a plurality of FIR filters configured to filter said output 

It should be understood that the above steps may be signal to create a filtered signal , 
conducted exclusively or nonexclusively and in any order . a plurality of speakers configured to relay positional audio 

data to the user . Further , the physical devices recited in the methods may 40 
comprise any apparatus and / or systems described within this 2. The system of claim 1 wherein the positional audio data 
document or known to those skilled in the art . comprises said predetermined decibel value of said output 

Since many modifications , variations and changes in signal with respect to the input signal . 
detail can be made to the described preferred embodiment of 


